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Description 

TECHNICAL FIELD 

pooil The present -^^^Z 
and a receiver and, -ore pa Ucuiar.y, 8 
mlll er and a digital recover wh.chare p 
measures against transm.ss.on etroi. 



BACKGROUND 



nal and recovers the digital data ^ 
nal - ^I^^SS and the receiver, 

be recovered to have 1 or 0 level ^ ^ 

[0003] One techniqu^ Accor ding 
there is any such error is the hws L amined at a re- 
to this system, the reception eve ,s exam m ^ 

^ 7« - *«l signal .» 

signal, for example from sam . 
a predetermined number determined sampling fre- 
p,ing the audio signal at a pre J^rm m 
puency and converting , each , o ^JJ^ Gne 
values in an analog-to-d.g.ta ^uj . d inl0 

frame is a plurality of such digital S ^ S ^ eveioped , 
a ,um P of data. Also, a ^e d ^ ^ 

mo041 However, the RSSI system can only approxi- 
KS splX portions which 2-—^ detect 
[00 05] When sample 
error , an error^bon - -^^ted in an sample 
or frame, and, tnererore," discarded. 
or frQme , such ^"^^^nmoor- 
Even when portions of a sample oi tram 
for are tew, the whole cample W frame of date mus 
discarded. Even if only ^^^^^6 is 
ed particularly in a digitized audio -'9™- 
Ported large relative » ™^^ ntfi *„, q u. 
[0006] Atypical which redun- 

is the BCH code technique, ace™ t ft 

dant bits are added to ^f^^deirmined by 
possib.eto make oo.re^ addjngthree f{ , 

r C o°;^ 



done, which results £ = dis^ -Jesired to 
increase the correcton ^ . or must ^ 

priate correction, the ™ mb ^o t m mss]on e f- 

increases, which ^ " ^2?^«nlealJon sig- 
s ficiency. In particular, ^1^1^ error, may oc- 
nals, error in successive b .to «Ue£ n by 

cur . Accordingly, m order rect . )on ^ 

means of error correct.on codes m 

:XwS tU« ™*C- o» fission of- 

ficiency. Dr esent invention is to provide 



DISCLOSURE OF THE INVENTION 



The digital signals «*^"^ of [ he transmitter 
sampling intervals. Encoding means ^ 
25 divides the digital signal inte ^ P » 

add s a parity bit forming" each 

erate a coded signal. The numper o , one 

b ,ocK can be a*«r» y «^„S "^Ti mo* 

nats ' • u> a hit added to make the sum of 

[0009] A parity •>* » "^JS \ ns and the added 
35 "1 " bits contained in data ol piurai 

parity bit equal to a P^^^S-J^I- level 
For example, in the even parity, if th . num berof 

odd number, a parity bit of o u ^ 

h«mf»l- level bits is even, a parity bit of 1 is use 
number of i ievs?iu«i. xamp e , the 

^ th Q rtata is iudqed to contain error, 
is odd, the data .s juoge checke d for error is 

[0010] If the number of mj tobe sjgnGl fe 

large, for example, if the entirety o possibility 

that, even though tne cneu )n other words, et tor 

is no error, error actua l y is PJ^SS ™ mber 
detecting accuracy is > low ^ ^e small. Accord- 
of bits to be examined for error shouia 

55 in g to the present 'n^' ^^eTgltal signal 
signalthatistobech^kedforerror^but £ 9 h 

K5?^ ^ and ' 
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therefore the error detecting accuracy can be in- 
creased. A maximum detection accuracy can b Treal 
ized when one b,oc k inciudes one bit. if erroris detected 
and data is to be discarded, oniy blocks, which form only 
part of one digital signal, need be discarded * 
[0011 When (he analog input signa, is an audio sig- 
nal, the number of higher-order bits forming one block 
s preferably sma.ier than the number of lower-order b£ 
for ormmg one block. For exampie, one higher-order S 

dor b t block may be formed of a plurality of bits. When 
an auao sl gnal is digitized, a higher-order bit. c.^ the 
most signrficant bit, may be used as a sign bit If this btt 
- wrong, ,t gives large influence on the^ound q L,ity 
Other h,gher-order bits, which represent a larger level 
portion of an audio signal, are considered For exanuT 
in an 8-bit digital signal with the eighth bit (MSB) uS 
as a sign bit, sixty-four (64) levels at the maximum Jan 
be represented by the first through seventh bits The 
ZTs 4 T^r-^ 3 2 , of the mlimi 6 

h L J • thS S0Und qualit y ,arc iely depends on 
whether higher-order bits contain errorornot. T? is is the 
reason why each of higher-order bits is individually ex 
ammed whether or not it contains error. 
[001 2] It is preferable to format each parity bit with an 

apart from its associated block. 

[0013] Under some circumstances in the transmis- 
sion path, error could occur collectively. In sue clZl 
if respective blocks and associated parity bits a e 4 ns 
rnitted one following the other, error may occuTboTh of 
hem. As a result, theerrormay notbedeLted In orde 
to avoid ,t, blocks and associated parity bits are sepa- 

r c r~ hen which resuits inT — " 

[0014] A receiver according to the present invention 

Sna eS the PlUr d ^ ° f * m <* uta ** -ans for demod- 
ulating the coded s,gnai from the modulated sional 
ransm.tted from the above-described transmitter a 
least two demodulating means are provided. Each o the 
Plural demodulating means inputs the coded sfcnaf 
wh«* i correspond to each other, to decoding means 
The decoding means includes parity check means 
which mak parity check on respect 7 ve 

corresponding coded signals ap P ,ied thereto, and fWst 
block selecting means which selects and outputs one of 
the corresponding blocks of the corresponding « J£ 
signals with less error, based on the result of 

[0015] With this arrangement 
check on mutually corresponding blocks, it is possib e 
to know which one of the blocks contains erroMf one 
block contains error, a block free of error is selected 

ssx ,f a b,ock contains error ' - ch — - s 

[0016] The decoding means may include second 
block selectmg means, which, when corresponding 
blocks of corresponding ones of the plural coded signals 



contain no error, selects that one of the plural corre 

lZT g 2Tn d r Si9n T Wh ' Ch 3 '—"error ra I 
[0017] WhenitisjudgedthatnoneofthecorresDonri 

* Z itt n 0 !:^ ^naTcTnTa n 

b^ckss lTbT^edtbT'T "T ° f SUCh 
uu.u ue seieclecf. A block with error would 

udged lo be free of error due to ils associated pari y bU 

transmitted with error introduced into it. In such srtu a 

Hon, itcan be considered that a block of a coded slona 

- with a smaller error rate has a higher possibly of con 

taming no error. (The error rate is a rate that repress 

how many blocks in the blocks of the coded signal c on 

tarn error ) According to the present invention hereto^ 

a block with a smallercoded signal error rate is so acted 

ooilrrhTd 0 ^ 6 reM * ° f the se,ected ^ 

[0018] The decod.ng means may include third block 
selecting means, which, when corresponding blocks or 
corresponding piura, coded signais oontai^error se 

- Sfco^sS 0 "^ 9 b ' 0Ck ° f ^ P — * 

emor'a NoekT h * ^ C0 ^^ blocks contain 
taTin 2 u 6 ° UtPUtted in place of the error-con- 
tainmg blocks must be determined. In such situations 

- tonZZS "** ^ Si9nal Z- 
ore the current error containing coded signal is output- 
ted For example, when an audio signal is diqifeed t 
seldom occurs that there is a large level dffle encl be 
tween current and previous digte, audio Z, Ac 

- Sab,? I adX Vi ° US K ^ Si9na ' ma * be ^ ^ 
tutable In addition, what is substituted for is not the en- 

tire coded signal, but is only the block containing error 
and, therefore, influence of the substitution on the coded' 
signal as a whole is small 

* SJ select ™ C0C " n9 r anS may inC ' Ude coded s '9- 
nal selecting means, which, when the mutually corre 

spending coded signals are inputted thereto "from he 

Plural demodulating means, performs parity cheSc on 

the respective blocks and selects the one of the coded 

signals that has a low error rate. In this case the d eco d 

lor aTe a rm r in c CllJ f " SUbStitUHn9 ^ S « S 

for an error-containing block in the selected coded sin 

nat a corresponding error-free biock in other coded sig- 

[0021] With this arrangement, a coded signal with a 
lower error rate is first selected from a plurality o coded 

aS which are judged toZi : : 

are outputted as they are. Only those blocks containino 
erro, are replaced. Accordingly, in comparison S 

- ^2^ a 7T na b,ocks in a plur ^ ^ 

higher rat " ^ Pr0CeSSin9 Can be *ne at a 
[0022] The decoding means may include memorv 

stnaTa:d S a? rin9 th . er6in 8 -*p"«ed cTded 

55 rll" ! u readm 9 m ^ns foroutputting, when cor- 
responding blocks in the plural coded signals aTconSn 

[0023] With this arrangement, even when corre- 
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spending blocks in plural corresponding coded signals 
3 contain error, the corresponding block . the previ- 
ously outputted coded signal can be selected When 
mutually corresponding blocks all conta.n error the cor- 
responding block in the coded signal outputted before 
Scoded'signa. is oulpulled. Forexample, consider^ 
a sional resulting from digitizing an aud.o signal .1 sel- 
dom happens that the level of the signal changes 
abruptly and, therefore, the previous coded signal can 
be substituted satisfactorily. Furthermore, what is re- 
placed is not the entire coded signal, but only the block 
containing error, the substitution can give little influence 
on the coded signal as a whole. 

BRIEF DESCRIPTION OF THE DRAWINGS 
[0024] 



FIGURE 1 is a block diagram of a transmitter and a 
receiveraccordingto an embodiment ofthepresent 

invention. 

FIGU RES 2a through 2c are diagrams for use in ex- 
plaining the encoding done by an encoder in the 
transmitter shown in FIGURE 1 . 

FIGU RE 3 is a flow chart of operation of the encoder 

of the transmitter of FIGURE 1 . 

FIGURE 4 is a flow chart of operation of an example 

of a decoder of the receiver of FIGURE 1 . 

FIGURES 5a through 5d are diagrams for use in 

explaining the decoding done by a decoder of the 

receiver of FIGURE 1 . 

FIGURE 6 is a flow chart of operation of ano her 
example of the decoder of the receiver of FIGURE 
1. 

BEST MODE FOR EMBODYING THE INVENTION 

100251 As shown in FIGU RE 1 , a transmitter 1 accordi- 
ng to an embodiment of the present invent.on includes 
an analog input signal source, e.g. a mtoophona 2 _An 
audio signal picked up by the m.crophone 2 is applied 
to an A/D converter 4. The A/D converter 4 samples the 
audio signal at a predetermined sampling frequency and 
conleS it into p'lural-bit, e.g. 16-bit, digital aud.o sig- 
nals The d.grtal aud.o signals occur at intervals o the 
Sroca, of the sampling frequency. These dig. al au_ 
dio signals are applied successively to an encode 6 
where they are converted to coded signals. Pmctoafl* 
The encoder 6 assembles a given number of such coded 
signals to form a frame. The frame configurate does 
not re'ate directly to th e subject of the present .nventior, 
and therefore, the following description of the .nven t on 
1 given, assuming that the coded signals are outputted 
from the encoder 6. The coded signals are coupled to a 
admitting unit 8. A carrier is digitally modulated with 

8 which results in a modulated signal. The modulated 
signal is amplified in an output section of the transm.tt.ng 



unit 8. and transmitted through an antenna 10. 

[0026] The modulated signal transmitted from the an- 
enna 10 is received by a receiver 12 according to an 

embodiment of the present invention. The ^rece.ver 12 
5 fncludes Plural, e.g. two, receiving units 14A and 14B, 
in plurals A and B. The receiving unit 14A includes 
an antenna 1 6A and a tuning unit 1 8A. Similarly, he re- 
ceiving unit 14B includes an antenna 16B and a tuning 
unrt 1 8B. The modulated signal received at each of the 
10 an ennas 16A and 1*3 is demodulated into the coded 
signals in demodulating moans in the tuning units 18A 
and18B respectively. 

ro0271 In orderto prevent large difference from occur- 

K , between the coded signals outputted by the tuning 

,5 unfts 1 8A and 1 8B, the antennas 1 0, 1 6A and 1 6B are 

ooSioned in such a manner that the distance between 

^antennas 10 and 16A can be substantial, 

the distance between the antennas 10 and 16B . The po 

sitioning of the antennas 1 0, 1 6A and 1 6B is also deter- 

20 mined so as to prevent multiple paths from be ,ng 

duced Forexample, the antennas 1 0, 16A and 1 6B are 

Sisposed within a relatively small area of several tens of 

meters square, with no obstacles. ■ 
Tots Mutuallycorrespondingcodedsignalsfromthe 

25 uning units 18A and 18B are decoded in a decoder 20 
hen converted into an analog audio signal in a d.grtal- 
to analog (D/A) converter (not shown), amplified in an 
amplSnot shown), and emitted through a loudspeak- 

3 o [oX m Not— ngperformedintheencodera 
s described with reference to FIGURES 2a through 2c 
and 3 FIGURE 2a shows a 16-bit digital aud.o s.gna 
from the A/D converter 4. A bit D15 of the 16-bit d.g.ta. 
aul s^nal is a most significant bit (MSB), and a b.t DO 
as f s a toast significant bit (LSB). The bit D15 is used as a 
sign bit The digital audio signal is divided into ter , (10) 
b locKs Specifically, each of four bits D1 5, D14, D13 and 
individually forms one block, and adjacent two of 
bi D11 , D10, D9, D8, D7, D6, D5, D4, D3, D2 D1 and 
40 DO form respective blocks. Loss bits are used to form 
one Zck in higher-order bit portions of the dig,ta, audio 

m030] As shown in FIGURE 2b, a parity bit is attached 
o each block. Specifically, a parity bit P 9 is attachec to 
45 the bit D1 5 . The bit D1 4 is provided with a parity bit P8 
b D13 is provided with n parity bit P7, and the , b « 
5l% « Provided with a parity bit P6. A parity brt 5 
attached to the two bits D11 and 010. a parity brt P4 to 
toe two bits D9 and D8, a parity bit P3 to the two brts D7 
«, I nH D6 a parity bit P2 to the two brts D5 and D4, a par.ty 
"t PUo the 1 bits D3 and D2, and a parrty bit P0 is 
attached to the two bits D1 and DO. 
ra031 The value of each parity bit is chosen .n such 
L mannerthatthesum ofthe sum of "1" in an assorted 
55 block and the parity bit is odd (1 ) or even (0). In the il- 
lustrated examp Jne value of each parity bit is chosen 
to provide the sum which is even. That is, the even parity 
system is employed. 
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[0032] When a block with a parity bit added to it is re- 
ceived., ones of the bits in that block and the parity bit 
attached to that block : having"!" are counted. If the total 
number of the bits having "1" is an even number that 
block is proved to have been sent with no error. Like this 
by dividing a digital audio signal into plural blocks and 
attaching a parity bit to each of the blocks, it is not nec- 
essary to discard the entire digital audio signal if part of 
the digital audio signal contains error, but it is sufficient 
to discard only that block containing error. 
[0033] One may consider adding one parity bit to one 
16-bit digital audio signal. In such a case, however, if 
error occurs either in consecutive or non-consecutive 
bits, the occurrence of error can be detected if error oc- 
curs in an odd number of bits, butthe occurrence of error 
in an even number of bits cannot be detected. Accord- 
ingly, in order to reduce occurrence of error in plural bits 
as much as possible, one digital signal is divided into a 
plurality of blocks so that the number of information bits 
for one parity bit can be small. 

[0034] Higher-order bits in the digital audio signal play 
important part. For example, the bit D15, which is the 
sign bit, indicates whether the digital audio signal is pos- 
itive or negative. The bit D14 indicates the presence or 
absence of the level of one-half of the maximum level 
of the digital audio signal. Similarly, the bit D1 3 indicates 
the presence or absence of the level of one-quarter of 
the maximum level, and the bit D12 indicates the pres- 
ence or absence of the level of one-eighth of the maxi- 
mum level. If error in any of these bits is not detected 
the sound quality will be significantly affected This is 
the reason that one block is formed by one bit in the 
higher-order portion of the digital audio signal so that 
they can be individually inspected for error. 
[0035] in this manner, error detecting accuracy can be 
improved by dividing one digital audio signal into a plu- 
rality of blocks and attaching a parity bit to each block. 
[0036] FIGURE 2c shows a signal format for transmis- 
sion including blocks with associated parity bits. In this 
format, the four blocks formed by the respective ones of 
the higher-order bits D15-D12 are disposed consecu- 
tively, and the parity bits P9-P6 for these blocks are dis- 
posed consecutively at locations, i.e. at lower-order po- 
sitions, spaced from the associated blocks. The six 
blocks formed by the lower-order bits D11 -DO with their 
associated pnrify bits PD-PO aiu consecutively disposed 
between the bits D15-D12 and the bits P9-P6. 
[0037] The reason why the parity bits P9-P6 for the 
higher-order bits D15-D12 are spaced from the associ- 
ated higher-order bits is as follows. If the higher-order 
bits D15-D12 and the parity bits P9-P6 were consecu- 
tively transmitted, error may possibly occur in consecu- 
tive ones of these bits, which results in erroneous judg- 
ment as if bits, which actually contain error, contained 
no error. Possibility of erroneous detection in such con- 
secutive occurrence of error can be reduced by dispos- 
ing the parity bits P9-P6 at locations spaced from the 
associated higher-order bits D1 5 D12. Since the higher- 



orderbits have a significant influence on the sound qual- 
ity as described above, the spacing is disposed in order 
to prevent erroneous detection. Needless to say the 
parity bits for the remaining blocks may be spaced from 
5 the associated bfocks. 

[0038] The parily bit determination and the formatting 
are performed in the encoder 6. The encoder 6 includes 
for example, a CPU or a DSP, which operates in a man- 
ner as shown in the flow chart of FIGURE 3. The values 
™ of the parity bits P9-P6 for the bits D15-D12 are deter- 
mined (Steps S2 ; S4, S6, S8). Similarly, the value of the 
parity bit P5 for the bits D11 and D10, the value of the 
parity bit P4 for the bits D9 and D8, the value of the parity 
bit P3 for the bits D7 and D6, the value of the parity bit 
'5 P2 for the bits D5 and D4, the value of the parity bit P1 
for the bits D3 and D2, and the value of the parity bit PO 
for the bits D1 and DO, are determined (Steps S 1 0 S12 
S14, S16, S18, S20). How to determine the values of 
these parity bits is known, and, therefore, no detailed 
20 description is made. The bits D15-D0 and their parity 
bits P9-P0 are formatted into the format shown in FfG- 
URE 2c (Step S22), and supplied to the transmitting unit 
8 (Step S24). 

[0039] Now, referring to FIGURES 4 and 5a through 
25 5d, the decoder 20 is described. As described previous- 
ly, the decoder 20 is supplied with mutually correspond- 
ing coded signals from the tuning units 18A and 18B 
The decoder 20 includes, for example, a CPU or a DSP 
and memory means, for example, a memory, and oper- 
30 ates in a manner as shown in the flow chart of FIGURE 
4. 

[0040] First, the parity check is performed on the re- 
spective blocks of the corresponding coded signals sup- 
plied from the tuning units 18A and 1 8B (hereinafter re- 
35 ferred to as path A and path B. respectively), and error 
rates of the two paths are computed (Step S30). The 
parity check is carried out by, when the even parity 
check is employed, computing an exclusive logic sum 
(EXOR) of the bits in the block to be checked and the 
40 associated parity bit. If the answer is "0", the block is 
judged to contain no error, and if the answer is "1 " the 
block is judged to contain error. 

[0041] Now, let it be assumed that the coded signal of 
tne path A is as shown in FIGURE 5b, and the coded 
signal of the path B is as shown in FIGl IRF R C Tha 
blocks with a mark X attached above them are blocks 
which are judged to contain error. The path A coded sig- 
nal includes ten (10) blocks, and four (4) of them contain 
error. Accordingly, the error rate (i.e. the number of 
blocks with error / the total number of blocks) is 4/1 0 
Three (3) out often (10) blocks of the path B coded sig- 
nal contain error, and, therefore, the error rate of the 
path B signal is 3/10. 

[0042] Next, whether the computed error rate of the 
55 path A is greater than the error rate of the path B is 
judged (Step S32). If the answer is YES, the path B cod- 
ed signal having a smaller error rate is selected (Step 
S34). If the answer to the question made in Step S32 is 
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NO whether the error rates of the paths A and B are 
equal or not is judged (Step S36). If the answer is NO ; 
which means that the error rate of the path A is smaller 
than the error rate of the path B, the path A coded signal 
is selected (Step S38). If the answer to the question 
made in SLep S36 is YES, which means the error rates 
of the paths A and B are equal the coded signal of the 
path A or B, of which the preceding coded signal had a 
smaller error rate, is selected (Step S40). This selection 
is based on the understanding that without substantial 
changes in the transmission conditions, the path that 
previously exhibited a lower error rate is more reliable. 
It is arranged such that, when the error rates of the pre- 
ceding coded signals of the paths A and B are equal, 
the default path may be selected, or the previously se- 
lected path may be selected. Alternatively, not only the 
just preceding result but also past results may be taken 
into consideration and the path exhibiting lower error 
rate more times than the other may be selected. 
[0043] in this manner, the path to be employed is de- 
termined. In the example illustrated in FIGURE 5, the 
path B has a smaller error rate, and, therefore, the path 
B is selected. Since the preceding error rate is to be 
used in Step S40, the error rates of the two paths are 
stored in the memory in Step S30. If the previously se- 
lected path is to be selected when the current error rates 
of the two paths are equal, each time either one of the 
paths is selected the currently selected path is stored 
for the next use. 

[0044] After an appropriate one of the paths is select- 
ed in one of Steps S34, S38 and S40, the count in a 
counter n for use in designating the respective blocks of 
the selected path is made zero (0) (Step S42). Let the 
block of DO and D1 and the block of D2 and D3 be called 
Block 0 and Block 1 , respectively. Let the remaining 
blocks be similarly referred to, so that the block of D15 
can be referred to as Block 1 0. The blocks maybe called 
conversely so that the block of D1 5 may be called Block 

[0045] Next, a question is made as to whether or not 
Block n designated by the counter n in the selected path, 
contains error (Step S44). If the answer is NO, Block n 
is decided to be used as it is (Step S46). Then, the count 
in the counter n is incremented by one (1) (Step S48). 
A judgment is made whether the count in the counter n 
is eleven (11) or greater, which is greater than the total 
number ten (1 0), of the blocks (Step S50). If the count 
is smaller than eleven (11), the procedure is executed 
again from Step S44. In this manner, in the selected 
path, the blocks judged not to contain error can be suc- 
cessively decided without delay. 

[0046] in the examples shown in FIGURE 5b and 5c, 
the path B is selected. Since the block of D1 4, the block 
of D12, the block of D11 and D10, the block of D9 and 
D8 the block of D5 and D4, the block of D3 and D2, and 
the block of D1 and DO are free of error, they are decided 
for use when they are designated by the counter n, as 
shown in FIGURE 5d. 



[0047] The answer of YES in the judgment made in 
Step S44 means that Block n in the selected path con- 
tains error. Then, judgment is made as to whether the 
corresponding Block n in the non-selected path contains 
5 error or not (Step S52). If Block n of the non-selected 
path is judged to be free of error, that Block n of the non- 
selected path is used (Step S54). 
[0048] in the example shown in FIGURE 5, the block 
of D15 of the selected path B contains error as shown 
10 in FIGURE 5c, while the block of D15 of the non-select- 
ed path A does not contain error. Accordingly, as shown 
in FIGURE 5d, the use of the block of D15 of the path 
A is decided. The block of D7 and D6 of the path B, too, 
contains error, while the block of D7 and D6 of the path 
15 A does not contain error. Therefore the use of the block 
of D7 and D6 of the path A is decided. 
[0049] If, in StepS52, both paths are judged to contain 
error the block of neither path can be used, and, there- 
fore holding is carried out (Step S56). Specifically, the 
20 corresponding block of the last outputted digital audio 
signal from the decoder 20 is read out from the memory 
and is used as a substitute forthe error containing block. 
Since the signal is a digital audio signal, it can be con- 
sidered that there is little difference between the previ- 
25 ous digital audio signal and the current digital audio sig- 
nal. In addition, what is substituted for is only a block, 
the substitution has little influence on the sound quality. 
[0050] For example, as shown in FIGURE 5c, the 
block of D13 of .the selected path B contains error, and 
30 the block of D13 of the non-selected path A also con- 
tains error as shown in FIGURE 5b. In such a case, it is 
decided to use the corresponding block of D13 of the 
~ previously outputted digital audio signal shown in FIG- 
URE 5a, as shown in FIGURE 5d. 
35 [0051] Following Step S54 or S56, Steps S48 and S50 
are performed. When all of the blocks are examined in 
this manner the result of the judgment made in Step 
S50 becomes YES. Then, the blocks the use of which 
has been decided are combined into a single digital au- 
40 dio signal like the one shown in FIGURE 5d, which, then, 
is outputted. The digital audio signal thus formed is 
stored in the memory because it may or may n ot be used 
in Step S56 when the next digital audio signal is to be 
formed. 

45 [0052] The decoder 20 may be so arranged to operate 
as shown in FIGURE 6, for example. First, the blocks of 
the paths A and B are subjected to parity check to dc 
termine the error rates of the two paths (Step S60). 
Then, the count in the counter n, which designates 
so blocks of the paths, is made zero (0) (Step S62). 

[0053] Judgment is made as to whether Blocks n of 
the paths A and B designated by the counter n contain 
error (Step S64). If the answer is YES, i.e. if both blocks 
are judged to contain error, holding operation as done 
55 in Step S56 is carried out (Step S66). 

[0054] if the answer to the query in Step S64 is NO, 
judgment as to whether or not either one of the paths A 
and B contains error is made (Step S68). If the answer 
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is YES., it is decided that Block n free of error is to be 
used (Step S70). If the answer is NO. which means nei- 
tner block contains error judgment is made as to if the 
error rates determined in Step S60 are equal to each 
other (Step S72). If the answer is NO, which means that 
the error rales are not equal, ii is decided that Block n 
of the path whose error rale is smaller is lo be used (Step 
S74). If the answer to the question made in Step S72 is 
YES 3 which means that the error rates are the same it 
is decided that Block n of the path which had a lower 
error rate in the previous time is to be used (Step S76) 
if the error rates of the paths in the previous time were 
equal, the default path is selected, or the previously se- 
lected path is selected. 

[0055] Following Step S66, S70, S74 or S76, the 
count in the counter n is incremented by one (1) (Step 
S78). Then, judgment is made as to whether the count 
in the counter n is greater than ten (10), which is the 
total number of the blocks, i.e. equal to eleven (11) or 
larger (Step SBO). If the answer is NO, the procedure is 
executed again from Step S64. When the answer to the 
question made in Step S80 becomes YES, which means 
that all of the blocks to be used have been decided the 
blocks decided for use are combined into a single digital 
audio signal (Step S82). 

[0056] Parity check can find error, but it can not correct 
the error. The receiver according to the invention cor- 
rects error, using corresponding coded signals from the 
two tuning units. In the decoder 20 of the receiver when 
the parity check indicates error in a block in one path 
the corresponding block free of such error in the other 
path is substituted for the error containing block, and 
therefore, the correction accuracy is high. If the corre- 
sponding block in the other path contains error too the 
previously used digital audio signal block is used for er- 
ror correction, and, therefore, no block dropout occurs. 
[0057] In the above-described example, the even par- 
ity is employed, but the odd parity can be employed in- 
stead. In the above-described example, one digital au- 
dio signal has been described as comprising sixteen 
(16) bits, but the number of the bits is not limited to it 
Also, in the above-described example, an arrangement 
of forming one block by one bit is employed only for high- 
er-order bits, but such arrangement can be employed 
for all bits, from higher-order to lower-order bits incase 
that the number of the parity bits can be increased In 
the illustrated embodiment, what is coded and transmit- 
ted is a digital audio signal. The signal, however. Is not 
limited to an audio signal, but other analog signal source 
may be used. For example, an analog detection signal 
from a sensor or the like may be digitized, and, further, 
encoded in the encoder 6 before transmission. A plural- 
bit digital signal from other digital device may be encod- 
ed by the encoder 6 and transmitted. Although two tun- 
ing units are used in the illustrated embodiment more 
tuning units may be used. In this case, the block to be 
used is determined by checking the corresponding 
blocks of the coded signals from the respective tuning 
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units for error. 
INDUSTRIAL UTILITY 

[0058] According to the present invention, in a digital 
wireless transmission, error can be detected with a high 
accuracy and code error correction can be reliably done 
without decreasing the communication efficiency The 
present invention can be embodied, for example in a 
digital wireless microphone. 



Claims 



« 1. 



20 



25 



30 3. 



35 



4. 



40 



45 



50 



55 



A transmitter comprising: 

an A/D converter for converting an analog input 
signal to a digital signal of piural bits at prede- 
termined time intervals; 
encoding means for dividing said digital signal 
into plural blocks and attaching a parity bit to 
each of said blocks to thereby form a coded sig- 
nal; and 

modulating means for modulating a carrier with 
said coded signal. 

The transmitter according to Claim 1 wherein said 
coded signal includes a block formed of one bit. 

The transmitter according to Claim 1 wherein said 
analog input signal is an audio signal, and the 
number of bits forming one block is smaller in a 
higher-order bit portion of said digital signal than in 
a lower-order bit portion. 

The transmitter according to Claim 1 wherein said 
parity bits form a format with said blocks, at least 
one of said parity bits being disposed at a location 
spaced from the block with which said at least one 
parity bit is associated. 



5. A receiver comprising: 

a plurality of demodulating means for receiving 
and demodulating a modulated signal to recov^ 
er a coded signal, said modulated signal com- 
prising a carrier modulated with said coded sig- 
nal, said coded signal comprising a plural-bit 
digital signal resulting from A/D conversion of 
an analog input signal, and being divided into 
a plurality of blocks, each of said blocks having 
a parity bit attached thereto; and 
decoding means to which corresponding ones 
of said coded signals are inputted from said plu- 
rality of demodulating means, said decoding 
means making a parity check on respective 
ones of blocks of said corresponding coded sig- 
nals and selecting and outputting error-free 
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ones of the corresponding blocks of said corre- 
sponding coded signals. 

6. The receiver according to Claim 5 wherein said de- 
coding means, when all of the corresponding blocks 
or corresponding coded signals are Tree of error, se- 
lects one of Lhe blocks of Ihe corresponding coded 
signals that has a lower error rate. 

7. The receiver according to Claim 5 wherein said de- 
coding means, when ait of the corresponding blocks 
of corresponding coded signals contain error, se- 
lects the corresponding block of a previously out- 
putted coded signal. 

8. A receiver comprising: 

a plurality of demodulating means for receiving 
and demodulating a modulated signal to recov- 
er a coded signal, said modulated signal com- 
prising a carrier modulated with said coded sig- 
nal, said coded signal comprising a plural-bit 
digital signal resulting from A/D conversion of 
an analog input signal, and being divided into 
a plurality of blocks, each of said blocks having 
a parity bit attached thereto: and 
decoding means to which corresponding ones 
of said coded signals are inputted from said plu- 
rality of demodulating means, said decoding 
means making a parity check on respective 
ones of blocks of said corresponding coded sig- 
nals, selecting one of said corresponding cod- 
ed signals that has a lower error rate, and out- 
putting the selected coded signal with an error- 
conlaining block thereof replaced by a corre- 
sponding error-free block of other one of said 
corresponding coded signals. 

9. The receiver according to Claim 8 wherein said de- 
coding means, when the block of said other coded 
signal corresponding to said error-containing block 
also contains error, outputs thecorresponding block 
of a previously outputted coded signal. 
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